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(57) ABSTRACT 

A System and method for Signal peak reduction in a spread 
Spectrum communication System of the type including a 
filter for limiting signal bandwidth of symbols transmitted 
from the System. A signal peak reduction unit is provided 
before the filter that includes a filter predictor that predicts 
the effect of the filter on input symbols by using filter 
coefficient values corresponding to the filter impulse 
response function. InputSymbols that are predicted to cause 
the output Signal to exceed a predetermined peak limit value 
are adjusted. Several examples of Suitable algorithms for 
calculating the necessary peak reduction to be applied to the 
input Symbols are disclosed. The peak reduction unit pro 
vides adjusted Symbols to the filter for processing and 
communication System output. 
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METHOD FOR PEAK POWER REDUCTION 
IN SPREAD SPECTRUM 

COMMUNICATIONS SYSTEMS 

RELATED APPLICATION INFORMATION 

The present application is a continuation application of 
U.S. Ser. No. 09/746,167 filed Dec. 22, 2000, now U.S. Pat. 
No. 6,449,302, which claims priority under 35 USC 119 (e) 
of provisional application Ser. No. 60/198,516 filed Apr. 19, 
2000 and provisional application Ser. No. 60/212,892 filed 
Jun. 20, 2000, the disclosures of which are incorporated 
herein by reference in their entirety. 

BACKGROUND OF THE INVENTION 

1. Field of the Invention 
The present invention relates to code division multiple 

access communications Systems and related methods of 
operation. More particularly, the present invention relates to 
cellular communications Systems and Signal processing 
apparatus and methods employed in cellular communica 
tions Systems. 

2. Background of the Prior Art and Related Information 
WireleSS communications Systems employing transmis 

Sion between base Stations and multiple mobile users are a 
key component of the modern communications infrastruc 
ture. (Such wireless communications Systems are referred to 
herein as “cellular communications Systems for brevity and 
without limiting the term cellular to the Specific types of 
communications Systems or Specific frequency bands to 
which the term is sometimes associated.) These cellular 
Systems are being placed under increasing performance 
demands which are taxing the capability of available equip 
ment, especially cellular base Station equipment. These 
increasing performance demands are due to both the increas 
ing number of users within a given cellular region as well as 
the bandwidth requirements for a given channel. The 
increasing number of cellular phone users is of course 
readily apparent and this trend is unlikely to Slow due to the 
convenience of cellular phones. The Second consideration is 
largely due to the increased types of functionality provided 
by cellular phone Systems, Such as Internet access and other 
forms of data transfer over the cellular phone system. These 
considerations have resulted in a need for more channels 
within the available spectrum provided to cellular phone 
carriers as well as more bandwidth for each channel. 

The traditional approach to fitting as many channels as 
possible into an available frequency spectrum is to place 
each channel in a narrow frequency band. The individual 
channels must be Sufficiently far apart in frequency to avoid 
Significant interference between the individual cellular Sys 
tem users, however. Also, the narrower the frequency band 
for a given channel the less bandwidth which is available for 
the particular channel. 
An alternative approach to providing the maximum num 

ber of channels in a given frequency spectrum, which has 
been adopted in more and more digital cellular Systems, is 
code division multiple access spread Spectrum communica 
tion. When digital information is transmitted from one 
location to another the data bits are converted to data 
symbols before transmission. The bandwidth of the trans 
mitted Signal is a function of the number of Symbols 
transmitted per data bit sent. In code division multiple acceSS 
Spread spectrum communication, more Symbols are trans 
mitted than the data bits to be sent. In particular, for each 
data bit to be sent a multi symbol code is transmitted. The 
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2 
receiver, knowing the code, decodes the transmitted Signal 
recovering the data bits sent. With a suitable choice of 
unique codes, many users can communicate in the same 
bandwidth without interference Since each channel is 
orthogonal through coding. In code division multiple access 
Spread Spectrum cellular Systems the Spreading code is 
typically chosen to spread the data from an individual 
channel acroSS a relatively wide frequency spectrum, within 
of course the Spectrum range available to the given cellular 
provider. This minimizes interference between channels and 
maximizes the number of channels in the available fre 
quency Spectrum. Currently, two Standards exist which 
relate to code division multiple acceSS cellular communica 
tions Systems. These Standards are commonly known as 
CDMA and WCDMA for Code Division Multiple Access 
and Wide Code Division Multiple Access. Due to the highly 
effective use of the available frequency spectrum CDMA 
and WCDMA are increasingly being adopted as the solution 
of choice to accommodate increased cellular use. 
A problem exists, however, with the practical implemen 

tation of spread Spectrum cellular Systems due to the manner 
in which the multiple user channels are combined to create 
the Spread spectrum Signal. This may be appreciated by 
referring to FIG. 1 which illustrates spread spectrum Signal 
generation in a typical prior art cellular base Station imple 
mentation. AS shown in FIG. 1, in a spread spectrum System, 
a code-multiplexed signal generator 10 receives a plurality 
of data channels D, e.g., n in number, corresponding to the 
number of users which can be accommodated. A train of 
Symbols is created for each communication channel by 
multiplying the inputSymbols for each channel by a Separate 
orthogonal code. The amplitude of each channel may differ 
based on individual channel power needs. Each Symbol train 
is then added to create a single code multiplexed symbol 
train (having in-phase and quadrature components, V and 
V in FIG. 1). The code multiplexed symbol train is then 
passed through a filter 20 to create the desired output signal. 
This filter plays a critical role Since it imposes a “spectral 
mask' over the symbol train that ensures the broadcast 
Signals stay within the Spectrum allocated to the cellular 
carrier. Failure to observe Such limitations on Spectrum 
allocation can violate federal regulations as well as causing 
noise in neighboring bands of a given carrier. The output 
Signal is then provided to a digital to analog converter 30 
resulting in an analog Signal that is mixed with a carrier 
signal in a modulator 40. The resulting RF signal is provided 
to an RF power amplifier 50 and broadcast to the cellular 
USCS. 

The problem begins in the combining of the multiple 
symbol train in the code multiplexor 10 in FIG. 1. Since 
many individual Symbol trains are combined, the peak 
power of the overall signal output from the filter will depend 
on the individual amplitudes of the Symbols being com 
bined. It is statistically possible that the individual channel 
symbols will add to create very large combined symbol 
peaks. Although Statistically not common, Such very large 
Symbol peaks must be accommodated in the Overall System 
design. Accommodating Such large Symbol peaks in the 
overall System creates practical implementation problems. 
For example, the presence of potentially very large peaks in 
the Signal being output from the filter to the digital-to-analog 
converter requires a very high resolution digital-to-analog 
converter to be used. This adds cost and complexity to the 
overall System. 

Another problem associated with potentially very large 
Signal peaks in a code division multiple acceSS spread 
Spectrum System relates to the difficulty of providing linear 
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amplification of the signal by the RF power amplifier. In 
cellular Systems, it is very important to provide linear 
amplification of the broadcast Signal. This is the case Since 
non-linear amplification of the Signal can result in distortion 
in the Signal as well as creation of Spectral Sidebands that can 
interfere with other cellular frequency bands. Since cellular 
frequency bands are strictly regulated, cellular Systems must 
be carefully designed So that Such creation of noise outside 
of the allocated frequency band is avoided. Therefore, linear 
RF amplification is necessary in cellular base Stations. To 
operate an amplifier in its linear range, however, requires 
that the amplifier be operated in a relatively low power 
mode. If large random peaks in the Signal are to be accom 
modated by Such an amplifier and Still keep it operating in 
the linear regime, a higher power RF amplifier is required. 
High power, high quality RF amplifiers are very expensive 
and this thus adds significant cost to the Overall base Station 
System. 

The problem of large random peaks in the Signal is 
therefore a significant problem in the practical implemen 
tation of spread spectrum cellular communications Systems. 

The Significance of the problem of large random Signal 
peaks has been appreciated in the prior art and Solutions to 
this problem have been attempted. For example, an approach 
to solving this problem is described in U.S. Pat. No. 6,009, 
090 to Oishi, et al. The approach of the 090 patent is 
illustrated in FIG. 2. A signal peak Suppression unit 60 is 
placed in the Signal generation path after the code multi 
plexor 10 which adds the individual symbol trains together. 
This signal peak Suppression unit compares the multiplexed 
Symbols to a maximum permitted value and then simply 
truncates those symbols that exceed that maximum permit 
ted value. Although this peak Suppression unit Solves the 
problem of large Symbols, it fails to remove all the large 
Signal peaks that must be processed by the D/A converter 
and power amplifier. In addition, when a Symbol is trun 
cated, a less than ideal Symbol is sent, which will increase 
communication errors. This may be appreciated by carefully 
considering the effect of the Signal peak Suppression unit on 
the Symbols as they continue through the Signal generation 
path. 
AS illustrated in FIG. 2, after the peak Suppressed Symbols 

leave the peak Suppression unit, they pass through a filter 20. 
The filter 20 can be represented by an impulse response 
function. A typical Spread Spectrum impulse response func 
tion is shown in FIG. 3 (WCDMA, root raised 
cosine, =0.22). The impulse response of the filter is 
impressed on each code multiplexed Symbol as the Symbols 
pass through the filter. This impression of the filter impulse 
response on the Symbols can increase or decrease peaks at 
the on-Symbol interval and can create new peaks between 
symbol times. More specifically, FIG. 4 shows how the filter 
output peaks can differ from the input symbol peaks. FIG. 4 
displays the filter output caused by two consecutive input 
symbols of amplitude 1. The two input symbols produce the 
filter impulse response functions shown by the Solid and 
dashed lines in FIG. 4 at the filter output. The true filter 
output would thus be the combination of these two responses 
(but this addition is not performed in FIG. 4 for ease of 
illustration). At Symbol time 0, one impulse response is at its 
maximum and the other is slightly negative. The Signal 
output will therefore be lower than the input symbol ampli 
tude at symbol time 0, for this case. (If the second symbol 
had been negative instead of positive the Signal would have 
been larger than the input symbol at symbol time 0.) The 
output Signal will reach a maximum at Symbol time 0.5 
(inter-Symbol) when the two filter responses add to produce 
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4 
a combined output of about 1.2.In an actual output signal, 
these effects will be enhanced by the influence of the 
additional Symbols simultaneously present in the filter. 

FIGS. 5A and 5B illustrate how a given input symbol and 
the Symbols preceding and following that Symbol in the 
Symbol train can Statistically create a range of output Signal 
values as the symbols pass through the filter. FIGS. 5A and 
5B are complex vector diagrams illustrating an inputSymbol 
as a vector from the origin of the complex plane (in-phase 
and quadrature signal components). FIG. 5A shows the input 
Symbol slightly exceeding a desired peak limit value (illus 
trated by the dashed line). In FIG. 5B, the input symbol is 
precisely on the limit line. The filtered output Signal is a 
function of the input Symbols and the impulse response 
function of the filter. AS is apparent from the discussion of 
FIG. 4, the output signal peaks will randomly differ from the 
input Symbol peaks Since the differences are caused by the 
filter response to random Symbols preceding and following 
that symbol in time. This random effect is statistically 
represented in the figures by the Solid circle labeled “pre 
dicted filter output'. 
When the effect of the filter on the symbol train passing 

through the filter is considered, the result of the Signal peak 
suppression unit of the above noted 090 patent is dramati 
cally altered. For example, assuming the input Symbol 
illustrated in FIG. 5A the 090 patent would always peak 
SuppreSS this symbol as it exceeds the limit value and thus 
always introduce Some distortion by this process. The actual 
value which is D/A converted and RF amplified, however, is 
the filtered output which statistically is represented by the 
circle. AS may be seen, Some of the time this filtered value 
will be inside the limit value and not require limiting. On the 
other hand, Some of the time the filtered value will exceed 
the limit by more than the input symbol and will not be 
adequately peak adjusted even if the input Symbol is trun 
cated to the limit value. In the example of FIG. 5B in turn, 
the input Symbol does not exceed the limit value and in the 
approach of the 090 patent all such symbols would pass 
through unaffected. AS may be appreciated from the circle of 
filtered outputs in FIG. 5B, however, the effect of the filter 
is that output Signals will actually exceed the limit value 
Significantly. Therefore, for this situation the Signal peak 
problem would not be solved by the approach of the 090 
patent unit at all. Therefore not only does the approach of the 
above noted 090 patent introduce unnecessary distortion 
into the Signal where peak reduction is not necessary, it also 
completely fails to eliminate many of the excessive peaks in 
the output signal, the very problem it was designed to Solve. 

Although not discussed in the above noted patent, an 
alternative approach might be to Simply place the peak 
suppression unit on the downstream side of the filter 20 
shown in FIG. 2. This also introduces a problem, however, 
Since the presence of the peak Suppression unit will inevi 
tably distort the filter output signal. This will create spectral 
noise that extends beyond the Spectral mask the filter was 
designed to maintain. AS noted above, the Spectral mask 
created by the filtering of the Signal is critical in cellular 
Systems Since exceeding spectral allocations can potentially 
Violate federal regulations. 

Therefore, whether the peak Suppression unit is placed 
before the filter or after the filter it is clear that Such a 
Solution is completely inadequate to Solve the problem of 
large peaks in the output Signal and Such Solution either fails 
to eliminate the peaks or introduces equally significant 
problems. Therefore, Such an approach is unworkable in real 
World applications. 
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Accordingly, it will be appreciated that a need presently 
exists for a System and method of providing code division 
multiple access spread spectrum cellular transmission which 
avoids the above noted problem of large Signal peaks and 
accompanying constraints and costs associated with the RF 
amplification and digital-to-analog conversion of Such large 
peaks. Furthermore, it will be appreciated that a need exists 
for Such a System and method which does not introduce 
Significant additional new problems to the System and which 
can be implemented without undue cost or other complexi 
ties of implementation. 

SUMMARY OF THE INVENTION 

The present invention provides a System and method for 
reducing Signal peak power in code division multiple acceSS 
Spread spectrum communication Systems, which overcomes 
the above noted problems. Furthermore, the present inven 
tion provides Such a System and method in a manner which 
does not significantly alter the Spectral characteristics of the 
Signal, which does not introduce significant undesired dis 
tortion into the Signal, and which does not add significant 
complexity to the Overall System. 

In a first aspect the present invention provides a spread 
Spectrum communication System which receives spread 
Spectrum Symbols, corresponding to a plurality of combined 
Separate data channels, to be output by the System. The 
communication System includes a filter for filtering Symbols 
before-being output from the System. A peak reduction unit 
is provided prior to the filter, coupled between the Source of 
the input spread spectrum Symbols and the filter. The peak 
reduction unit receives the input spread spectrum symbols 
from the spread spectrum Symbol Source and predicts the 
effect of the filter on the Symbols, using as an input the 
known filter coefficient values corresponding to the filter 
impulse response function. The peak reduction unit per 
forms peak reduction processing only on those spread Spec 
trum Symbols predicted to cause the filter output to exceed 
a predetermined peak limit value. The peak reduction unit 
then provides processed symbols to the filter for filtering and 
output by the communication System. 

The peak reduction unit preferably operates on a spread 
Spectrum Symbol Stream that will be up Sampled prior to 
filtering. Up Sampling increases the Symbol rate by inserting 
Zero amplitude Symbols between spread spectrum Symbols 
without changing the time between Spread spectrum Sym 
bols. By inserting these Zero amplitude Symbols the band 
width of the resultant symbols is increased. This increase in 
symbol bandwidth creates room for both the filter passband 
and stopbands. The peak reduction unit preferably operates 
before the up Sampling is performed but may operate after 
up Sampling. 
When operating before up Sampling, the peak reduction 

unit preferably employs coefficients periodically Sampled 
from the filter impulse response function. If for example the 
up Sampling process adds three Zero amplitude Symbols 
between the spread spectrum symbols there will be four 
different periodic samplings available. The time between the 
Samples taken is identical to the time between spread 
Spectrum Symbols. This periodic Sampling of the filter 
impulse response is used to create a filter output predictor. 
Predictions will be made based on the timing of the periodic 
Sampling taken. At a minimum these periodic Samplings 
should be taken on the on-Symbol timing and on the inter 
Symbol timing. The peak reduction unit would then include 
a first Stage providing peak reduction based on the on 
Symbol timing and a Second Stage providing peak reduction 
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6 
based on the inter-Symbol timing. Alternatively, a multi 
Stage implementation may be provided. Such a multi-stage 
implementation may employ multiple stages of peak reduc 
tion processing, each corresponding to a different periodic 
filter Sample timing, implemented either in a Series configu 
ration or parallel configuration. Each Stage of the peak 
reduction unit may further comprise a feedback loop that 
provides the peak reduction values back to the filter predic 
tor. Also, Since peak reduction is applied in a casual manner, 
duplicating peak power reduction Stages may provide further 
crest factor improvement. These duplications should follow 
a complete Set of all other periodic Samplings when pro 
cessed either in Series or parallel. 
When operating after up Sampling, coefficients are taken 

directly from the filter impulse response function at the up 
Sampled rate. These coefficients are then used to create a 
filter output predictor. Filter output predictions will then be 
made at the up Sampled rate. From these predictions, peak 
reductions would be made. This approach is not preferred 
for certain applications and/or certain impulse response 
functions. When operating at the up Sampled rate, peak 
reductions may be provided to the Zero value Symbols added 
during up Sampling. Digital communication Systems. Such as 
CDMA and WCDMA use transmit and receive filters 
designed to minimize inter-Symbol interference. To maintain 
minimum inter-Symbol interference during communication, 
the Zero valued symbols added during up Sampling must 
remain Zero Valued. Also, operating at the up Sampled rate 
requires processing to be performed at that higher rate. 
Generally, the higher the processing rate, the more expen 
Sive the processing components cost. There may be appli 
cations however, where these costs are trivial and need not 
be considered and processing after up Sampling is preferred. 
More Specifically, in one detailed embodiment, the Spread 

Spectrum communication System includes a peak reduction 
unit that includes a filter output predictor and a peak 
reduction calculation circuit that bases peak reduction on the 
filter output predictions and a predetermined filter output 
limit value. The peak reduction unit also preferably includes 
a combiner for combining the calculated peak reduction 
value to the Spread spectrum Symbol centered in the filter 
output predictor. The peak reduction unit therefore delayS 
the spread spectrum symbols by one half the filter predictor 
length and provides peak reduction corrections on a Symbol 
by-Symbol basis in a time-synchronized manner. The com 
biner may comprise a multiplier circuit and the peak reduc 
tion value a gain which when multiplied with the time 
Synchronized spread spectrum Symbol provides a peak 
adjusted Symbol. Alternatively, the combiner may comprise 
an addition circuit and the peak reduction value a vector 
which when added to the spread spectrum Symbol provides 
a peak adjusted Symbol. 

In a further aspect, the present invention provides a 
System for reducing peak Signal values, the System being 
adapted for use in a communication System including a filter 
which provides Symbol filtering prior to outputting Signals 
from Said System. The System for reducing peak signal 
values comprises a filter predictor means for receiving 
Spread spectrum Symbols prior to filtering by Said filter, and 
predicting the effect of Said filtering on Said Symbols, and 
means, coupled to the filter predictor means, for reducing the 
peak value of spread Spectrum Symbols which are predicted 
to exceed a peak limit value after being Subjected to Said 
filtering. The filter in the communication System can be 
represented by a predetermined impulse response function 
and the filter predictor means preferably includes means for 
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receiving filter coefficients corresponding to the impulse 
response function at a plurality of periodically Sampled 
points. 

In a preferred embodiment, the means for receiving filter 
coefficients receives filter coefficients from the filter impulse 
response function at least at on-Symbol timing and at inter 
symbol timing. Filter coefficients may also be provided at 
additional impulse function times which are periodically 
Sampled from the impulse response function at the Symbol 
rate. In addition, any or all Symbol coefficient times may be 
repeated to account for peak reduction errors caused by the 
causal nature of peak reduction processing. 

In a further aspect, the present invention provides a 
method for reducing peak signal values in a spread spectrum 
communication System of the type including a filter which 
may be represented by an impulse response function which 
provides Symbol filtering prior to Signal output from Said 
System. The method compriseS receiving spread spectrum 
Symbols prior to filtering by Said filter and predicting the 
effect of the filtering on the symbols. The method further 
comprises adjusting the value of those Symbols that are 
predicted to cause the filter output to exceed a peak limit 
value. 

In one preferred application of the present invention, the 
present invention may be implemented in a spread Spectrum 
cellular communication System, Such as a CDMA or 
WCDMA system. For example, the present invention may 
be implemented in a base Station in Such a spread Spectrum 
cellular application. In Such an application the problem of 
linear RF amplification of large peaks is avoided and RF 
amplifiers of reduced cost may be employed. Also, the need 
for expensive D/A converters is avoided. Furthermore, peak 
reduction is done prior to filtering which eliminates Sideband 
generation and possible violations of spectrum allocation 
rules. 

Further features and advantages of the present invention will 
be appreciated by review of the following detailed descrip 
tion of the invention. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block Schematic drawing of a prior art spread 
Spectrum communications System. 

FIG. 2 is a block Schematic drawing of a prior art spread 
Spectrum communications System employing a signal peak 
Suppression unit. 

FIG. 3 is a Schematic drawing of an impulse response 
function for a prior art spread spectrum communications 
system filter. 

FIG. 4 is a Schematic drawing illustrating two consecutive 
Symbols and their filter response function in a prior art 
Spread spectrum communications System. 
FIGS.5A and 5B are complex vector diagrams illustrating 

the effect of filtering on an arbitrary Sequence of consecutive 
Symbols in a prior art spread Spectrum communications 
System. 

FIG. 6 is a block Schematic drawing illustrating a spread 
Spectrum communications System providing peak reduction 
in accordance with the present invention. 

FIG. 7 is a block Schematic drawing illustrating a pre 
ferred embodiment of the peak reduction unit of FIG. 6. 

FIG. 8 is a drawing of a filter impulse response function 
showing filter coefficients at the on-Symbol interval and 
inter-symbol interval. 

FIG. 9 is a block schematic drawing illustrating a prefered 
embodiment of a peak reduction process. 
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FIG. 10 is a block schematic drawing illustrating an 

alternate embodiment of a peak reduction proceSS using 
feedback. 

FIG. 11 is a block Schematic drawing illustrating a multi 
Stage peak reduction unit, in accordance with an alternate 
embodiment of the present invention. 

FIGS. 12-21 are drawings of a filter impulse response 
function showing filter coefficients at a plurality of different 
periodic timings, which filter coefficients may be employed 
with the multi-stage peak reduction unit of FIG. 11, in 
accordance with the present invention. 

FIG. 22 is a block Schematic drawing illustrating a 
multi-stage peak reduction unit employing a parallel imple 
mentation of the peak reduction Stages, in accordance with 
the present invention. 

FIG. 23 is a block Schematic drawing illustrating an 
alternate multi-stage peak reduction unit employing a par 
allel implementation of the peak reduction Stages, in accor 
dance with the present invention. 
FIG.24 is a block Schematic drawing illustrating one peak 

reduction Stage of the multi-stage peak reduction unit of 
FIGS. 22 and 23, in accordance with the present invention. 

FIG. 25 is a complex vector diagram illustrating vectors 
employed in a peak reduction algorithm in accordance with 
the present invention. 

FIG. 26 is a complex vector diagram illustrating vectors 
employed in an alternate peak reduction algorithm in accor 
dance with the present invention. 

FIG. 27 is a complex figure diagram illustrating predicted 
filter output values and a peak reduction operation for a 
Specific example of an input Symbol value, in accordance 
with the present invention. 

FIG. 28 is a complex figure diagram illustrating predicted 
filter output values and a peak reduction operation on a 
different inputSymbol value, in accordance with the present 
invention. 

FIG. 29 is a block schematic drawing illustrating a 
detailed embodiment of one Stage of the peak reduction unit, 
in accordance with the present invention. 

FIG. 30 is a block schematic drawing illustrating a 
detailed embodiment of one Stage of the peak reduction unit 
implementing an approximate peak reduction algorithm, in 
accordance with the present invention. 

FIG. 31 is a block schematic drawing illustrating a 
detailed embodiment of one Stage of the peak reduction unit 
employing feedback, in accordance with the present inven 
tion. 

FIG. 32 is a block Schematic drawing illustrating a 
detailed alternate embodiment of one Stage of the peak 
reduction unit, in accordance with the present invention. 

FIG. 33 is a block schematic drawing illustrating the 
alternate embodiment shown in FIG. 32 while using feed 
back, in accordance with the present invention. 

FIG. 34 is a block schematic drawing illustrating a 
detailed embodiment of one Stage of the peak reduction unit 
operating at the inter-Symbol interval, in accordance with the 
present invention. 

FIG. 35 is a block schematic drawing illustrating the 
detailed embodiment shown in FIG. 34 using feedback. 

FIGS. 36A and 36B are block schematic drawings illus 
trating a detailed embodiment of the multi-stage peak reduc 
tion unit employing a parallel implementation of the peak 
reduction Stages illustrated in FIG. 23, in accordance with 
the present invention. 



US 7,003,017 B2 

DETAILED DESCRIPTION OF THE 
INVENTION 

Referring to FIG. 6, a preferred embodiment of a spread 
Spectrum communication System employing peak power 
reduction in accordance with the present invention is illus 
trated. Although the illustrated Spread spectrum communi 
cation System may be implemented in a wireleSS cellular 
network, Such as a WCDMA or CDMA network, and Such 
provides one preferred application of the present invention, 
it should be appreciated that other applications and envi 
ronments for the present invention are also possible. 
AS illustrated a plurality of channels, N in number, are 

provided as data inputs into the System. A data channel may 
comprise audio data, for example in a digital cellular appli 
cation, or may comprise any other form of data that is 
desired to be transmitted over the communications System. 
The data in each channel then passes through a data to 
symbol converter 100 that provides a stream of symbols 
from the incoming stream of data bits. A variety of different 
Symbol coding Schemes may be used to provide the Stream 
of symbols from the stream of incoming data bits (QPSK or, 
“Quadrature Phase Shift Keying", is used in WCDMA). 
(Implied in FIG. 6, after the data-to-symbol converter, all 
processing paths are complex and include both in-phase and 
quadrature components.) Next, the Stream of Symbols in 
each channel is provided to a mixer 110 which mixes the 
incoming Symbol Stream in each channel with a spreading 
code provided from a spreading code circuit 112. For 
example, in Spread spectrum cellular communications SyS 
tems a Walsh code can be employed. Each channel receives 
a unique orthogonal spreading code which allows the indi 
vidual channels to be recovered at the receiver end by using 
a matching despreading code. After being combined with a 
unique spreading code each channel again may be provided 
to another mixer 114 which combines the Signal in each 
channel with a Scrambling code from Scrambling code 
circuit 116. The Scrambling code is used in cellular appli 
cations for cell Site identification. A Scrambling code is 
typically employed in cellular communications Systems, but 
may be dispensed with in other applications. The output of 
each channel is then provided to the Summing circuit 120 
which combines the symbol streams from each of the 
individual channels and combines them into a single output 
Symbol Stream (for each of the two complex quadrature 
phases). 

Since the N channels are combined together in the Sum 
ming circuit 120, the potential of creating very large Symbol 
peaks is presented as discussed above in the Background 
Section. The present invention provides a peak reduction unit 
122 that reduces or eliminates Signal peaks output from the 
filter 126 that will exceed a given maximum Signal peak 
power level chosen for the particular application of the 
communications system. As further illustrated in FIG. 6, the 
output of the peak reduction unit 122 is provided to an 
up-sampling circuit 124 which converts the Symbol rate to a 
frequency which meets or exceeds the bandwidth require 
ments for the frequency range of interest. Typically the 
up-sampling process will Simply insert Zeroes into the 
Symbol Stream to allow the Signal Stream to operate at the 
desired higher clock rate to meet or exceed the bandwidth 
requirements. Therefore, M Zeroes will be inserted into the 
Symbol Stream, for each incoming Symbol, where M is an 
integer chosen to provide the desired up conversion. Typi 
cally the integer M will be at least 1 or greater. The 
up-sampled Signal Stream is then provided to a filter 126. In 
Some cases the operation of the up Sampling circuit 124 may 
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10 
be incorporated in the operation of the filter 126 rather than 
in a separate circuit. The filter output is provided to a digital 
to analog converter 128 that provides an analog Signal. This 
analog signal will be made up of in phase and quadrature 
components which are not shown to this detail. This analog 
signal is mixed at mixer 134 with an RF carrier from RF 
Source 136, which RF modulated signal is then provided to 
an RF amplifier 130 and then to an RF transmitter 132, e.g., 
in a wireleSS cellular communications base Station applica 
tion. The mixer 134 in this application is in actuality a 
quadrature up converting mixer not shown to this detail. AS 
is well known to those skilled in the art the Signal output 
from the filter can optionally be converted from an in-phase 
and quadrature Signal to a real Signal offset from the base 
band center frequency of Zero Hz. If this is done, the D/A 
converter can be used to create a real intermediate frequency 
output that can then be mixed to an RF frequency with a 
Simple Standard mixer. 
AS discussed above in the Background Section, the filter 

ing operation provided by filter 126 is of critical importance 
in many applications employing spread spectrum commu 
nications. In particular, in cellular communications Systems 
Such filtering is critical due to the necessity to maintain the 
transmitted Signal within a prescribed frequency band. Also, 
the filter 126 will have a significant effect on the Signal peaks 
produced by the Symbol Stream and therefore can dramati 
cally impact any peak reduction performed prior to Such 
filtering. 
The peak reduction unit 122 avoids this problem by 

predicting the filter output 126 based on the symbol stream 
input and then performing a peak reduction processing on 
the symbols based on the predicted signal peak after the 
filtering. This filter prediction operation of the peak reduc 
tion unit 122 may be very accurately implemented Since the 
impulse response function of the filter 126 is known in 
advance. Therefore, the effect of the filter on any given 
Stream of Symbols can be precisely predicted to any desired 
degree of accuracy by a circuit which has a desired number 
of filter coefficients as inputs to the circuit to adequately 
model the filter impulse response function. These filter 
coefficients are impressed on the incoming Symbol Stream to 
simulate the effect of the filter on the incoming symbol 
Stream to create a predicted filtered output Stream. The 
predicted filtered output Stream is then Subjected to a peak 
reduction calculation which determines whether the pre 
dicted filter output Stream will exceed a signal peak limit 
value and if So what correction is needed. If the limit value 
is exceeded the actual Symbol Stream is then Subjected to a 
peak reduction processing which reduces the resultant Signal 
peak to the desired limit value on a symbol-by-symbol basis. 

In this way, only required peak reduction is performed and 
minimal distortion is introduced into the Signal. Both the 
accuracy of the peak reduction processing as well as the 
accuracy of the filter prediction process may be chosen 
based on the Speed and complexity of the peak reduction 
circuitry and associated trade-offs in cost. In most applica 
tions, however, filter prediction processing as well as the 
peak reduction processing may be adequately implemented 
without adding Significant complexities or costs to the 
overall System. 

Referring to FIGS. 7 and 8 a preferred embodiment of the 
peak reduction unit 122 is illustrated. More specifically, a 
block Schematic drawing of the peak reduction unit 122 is 
illustrated in FIG. 7 and the impulse response function for a 
typical filter, illustrating typical filter coefficients employed 
in the peak reduction circuit 122, is illustrated in FIG.8. As 
shown, the peak reduction unit 122 preferably includes two 
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Stages 140, 142 corresponding to peak reduction at the 
on-symbol interval, t=0, and inter-symbol interval, t=0.5, 
respectively. The order of these two stages is arbitrary. AS 
discussed above in relation to FIG. 6, the symbol stream is 
typically up Sampled before passing through the filter 126. 
Therefore, additional sample points will be added in 
between the actual symbols in the symbol train and the filter 
impulse response function will be impressed on these added 
Sample points as well as the Symbol Sample points. ASSum 
ing an up Sampling of one added Sample point for each 
Symbol in the Symbol Stream the impulse response function 
of the filter will be impressed on the up sampled symbol 
stream at both the on-symbol interval and the half way 
position between Symbols, i.e., the inter-Symbol interval. 
This is illustrated in FIG. 8 where filter coefficients at the 
on-symbol interval are illustrated by asterisks, and the filter 
coefficients at the inter-symbol interval are illustrated by 
crosses. Since the effect of both the symbol and inter-symbol 
filter coefficients will be impressed on the symbol stream as 
it emerges from the filter 126, to accurately predict the effect 
of the filter in the peak reduction unit it is necessary to take 
into account both filter coefficients at the on-symbol interval 
and at the inter-Symbol interval. The illustrated two-stage 
process of FIG. 7 allows this on-symbol and inter-symbol 
processing to be performed in Series. This Series implemen 
tation may use leSS hardware, or a leSS complex DSP 
program, than if the on-Symbol and inter-Symbol processing 
are done concurrently, i.e., in parallel. Nonetheless, it should 
be appreciated that in an alternate embodiment Such a 
Simultaneous processing could be done and Such an embodi 
ment is described below. Also, in the case of an up Sampled 
symbol stream having more than one added symbol for each 
Symbol in the Symbol train, additional filter timing points 
may be added for the filter prediction processing. Also, it 
should be appreciated that it may be possible to provide only 
on-Symbol (or inter-Symbol) peak reduction processing and 
Still achieve Some beneficial results, although at least on 
Symbol and inter-Symbol processing is presently preferred. 
In addition, any or all Stages may be repeated to account for 
peak reduction errors caused by the causal nature of peak 
reduction processing. 

Although FIG. 6 shows the peak reduction unit before up 
Sampling circuit 124, it may also be configured after the up 
sampling circuit (but before the filter 126). When operating 
after up Sampling, coefficients are taken directly from the 
filter impulse response function at the up Sampled rate. 
These coefficients are then used to create a filter output 
predictor. Filter output predictions will then be made at the 
up Sampled rate. From these predictions, peak reductions 
would be made. This approach is not preferred for certain 
applications and/or certain impulse response functions. 
When operating at the up Sampled rate, peak reductions may 
be provided to the Zero Value Symbols added during up 
Sampling. Digital communication Systems. Such as CDMA 
and WCDMA use transmit and receive filters designed to 
minimize inter-Symbol interference. To maintain minimum 
inter-Symbol interference during communication, the Zero 
valued Symbols added during up Sampling must remain Zero 
valued. Also, operating at the up Sampled rate requires 
processing to be performed at that higher rate. Generally, the 
higher the processing rate, the more expensive the proceSS 
ing components cost. There may be applications however, 
where these costs are trivial and need not be considered and 
processing after up Sampling is preferred. Any modifications 
necessary for the below described specific embodiments to 
implement the peak reduction unit after up Sampling will be 
apparent to those skilled in the art and are implied herein. 
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12 
Both stages of FIG. 7 can use the reduction process shown 

in FIG. 9. Referring to FIG. 9, the reduction process includes 
a Source 144 of the filter coefficients. These filter coefficients 
are taken from the filter impulse response function at either 
the on-Symbol or inter-Symbol interval depending on the 
processing stage 140 or 142 of FIG. 7. The source of these 
coefficients may take the form of a memory 144 Storing the 
filter coefficients, e.g., the coefficients illustrated in FIG. 8 
for the appropriate symbol interval. Of course, other filter 
implementations may have differing filter response func 
tions and therefore different filter coefficients will be stored 
in the filter coefficients memory 144. These filter coefficients 
are provided to a filter predictor 146, which receives the 
incoming Symbol Stream provided along line 148 and Simu 
lates the effect of filter 126 on the symbol stream at the 
chosen symbol interval. Two outputs are provided from the 
filter predictor. One output 147 is a filter coefficient 
weighted Sum using all input filter coefficients and an equal 
number of time differentiated input symbols. The other 
output 145 is a filter coefficient weighted sum where only the 
center filter coefficients and matching centered Symbols are 
used. When an odd number of filter coefficients are used, the 
Second output is the center coefficient and the matching 
center symbol used to calculate the first output 147. When an 
even number of coefficients are used, the two center coef 
ficients will have the same value and may be used along with 
both matching center Symbols used to calculate the first 
output 147. Each time a new symbol enters the filter 
predictor both outputs are generated by 146. Each new 
output pair is provided on a Symbol-by-symbol basis, to a 
peak reduction algorithm processing circuit 152. The peak 
reduction algorithm processing circuit 152 compares the 
magnitude of the first predicted filter output 147 to a 
predetermined maximum allowable peak limit value L. If 
the first predicted filter output 147 exceeds the limit value 
then the peak reduction algorithm circuit 152 calculates an 
adjustment to the second filter predictor output 145 which 
will result in a filter output which will remain within the 
peak limit value after processing by filter 126 of FIG. 6. This 
adjustment is then applied to the corresponding Symbols, 
delayed by delay circuit 166, on a symbol-by-symbol basis 
by combiner 168. The peak adjusted symbol stream is then 
output along line 154. A variety of different algorithms may 
be employed in the peak reduction algorithm circuit 152. 
The Specific algorithm chosen may be based on the desired 
degree of accuracy and the available processing Speed 
and/or complexity of hardware desired for the Specific 
application. For example, in many applications an approxi 
mate algorithm may be perfectly acceptable and give the 
desired peak reduction in the Symbol train 
An alternate embodiment of FIG. 9 is shown in FIG. 10 

where the filter predictor 146, the delay 166, and the 
combiner 168 of FIG. 9 are incorporated as part of the filter 
predictor. Adjustments provided by the peak reduction algo 
rithm 152 are then fed back (feed back values F) into the 
filter predictor to incorporate present adjustments on future 
predictions. This incorporation will be discussed in greater 
detail when filter predictor embodiments are discussed. 

Referring to FIG. 11, an alternate embodiment of the peak 
reduction unit 122 (of FIG. 6) is illustrated. The implemen 
tation of FIG. 11 provides a multi-stage peak reduction unit 
with the Series arrangement of the multiple Stages. 
More specifically, referring to FIG. 11 the illustrated peak 

reduction unit includes a plurality of individual stages 320. 
Each Stage 320 in the peak reduction unit applies a filter 
prediction operation using a set of periodically Sampled filter 
coefficients corresponding to a particular filter output tim 
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ing. For example, if the up Sampling inserts 9 Zeros between 
symbols then the actual filter operation which occurs will 
include 10 filter timing points for each symbol interval. To 
provide a perfectly accurate model of the filter operation 
each of these filter timing points would need to be included 
in peak reduction processing. Thus, the filter impulse 
response function would need to be sampled at 10 different 
locations for each symbol interval. This example of 10 filter 
coefficient Sampling positions for each Symbol interval is 
illustrated for a specific impulse response function in FIGS. 
12–21. Each of these 10 figures illustrates different filter 
coefficient Sample timing within Symbol interval. In particu 
lar, FIG. 12 indicates a Sampling of the impulse response 
function periodically at the Symbol interval Starting at a 
timing of -0.5 from the on-symbol interval, i.e., the halfway 
point between two Symbols offset in the negative time 
direction (inter-symbol). FIG. 13 illustrates the impulse 
response function Sampled periodically at the Symbol inter 
val starting from a timing of -0.4. FIGS. 14-21 in turn 
illustrate consecutive Sample timing offsets from -0.3-+0.4. 
FIGS. 12-21 thus cumulatively represent 10 filter coefficient 
Sample locations Symmetrically about the on-Symbol inter 
val. Each stage 320 of the peak reduction unit of FIG. 11 
implements a filter prediction operation at an individual 
Sample timing point. Therefore, for the Specific impulse 
response function and sampling illustrated in FIGS. 12-21, 
ten separate filter stages 320 would be provided each pro 
Viding the filter prediction operation at one timing point 
corresponding to one of FIGS. 12–21. Specifically, Stage 
320-1 may correspond to the sample timing illustrated in 
FIG. 12, stage 320-2 to the sample timing illustrated in FIG. 
13, etc. 

It will of course be appreciated that the example of 10 
sample points and 10 stages in FIG. 11 and FIGS. 12-21 is 
purely illustrative and a greater or lesser number of Sample 
points and Stages may be provided. Also, the number of 
Stages 320 need not correspond to the Specific amount of up 
Sampling occurring and fewer Stages and coefficient Sample 
points may be employed than the actual amount of up 
Sampling points. Also, FIG. 11 shows each peak reduction 
process arranged in time order from t=-0.5 to t=0.4.The time 
relationship of the peak reduction Stages in FIG. 11 can be 
in any arbitrary order. In addition, any or all Stages may be 
repeated to account for peak reduction errors caused by the 
causal nature of peak reduction processing. 

Referring to FIG.22, an alternate embodiment of the peak 
reduction unit is illustrated which includes a multi-stage 
peak reduction processing implemented in a parallel manner. 
The embodiment of the peak reduction unit described above 
in relation to FIG. 11 implemented a multi-stage peak 
reduction process in a Series manner. In the embodiment 
illustrated in FIG. 22, a similar multi-stage peak reduction 
proceSS is implemented in parallel. That is, each Stage 360 
illustrated in FIG. 22 implements a peak production pro 
cessing based on different timings of the filter coefficients of 
the filter impulse response function corresponding to a 
higher rate filtering occurring after up Sampling of the input 
symbols. For example, each stage 360 illustrated in FIG.22 
may perform a peak reduction processing employing filter 
coefficients sampled at the different timings shown in FIGS. 
12-21. AS in the case of the embodiment of FIG. 11, 
however, different timings and different specific filter 
impulse response functions may be employed and the Spe 
cific filter coefficients and coefficient Sample timings of 
FIGS. 12-21 are purely illustrative. In addition, any or all 
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Symbol coefficient timings may be repeated to account for 
peak reduction errors caused by the causal nature of peak 
reduction processing. 

In the embodiment of FIG. 11 described previously, each 
Subsequent Stage in the multi-stage peak reduction unit 
receives as an input thereto the already peak adjusted 
Symbols from the preceding Stage. Therefore, unnecessary 
duplication of peak adjustment to Symbols previously 
adjusted is avoided by this Series implementation. In the 
parallel implementation of FIG. 22, preferably a multi-stage 
feedback approach is employed which feeds back peak 
reduction values (feedback values F) from the parallel peak 
reduction Stages into the other Stages to achieve a similar 
result. More Specifically, the peak reduction process of the 
top branch, branch 0, of FIG.22 receives feedback from its 
own internal peak reduction algorithm and also provides this 
feedback to all lower branches. Lower branches, like branch 
i, receives feedback from its own internal peak reduction 
algorithm and feedback from all branches above it. The last 
branch, branch N-1, receives feedback from all branches 
including its own internal peak reduction algorithm. The 
bottom Stage outputs the fully peak adjusted Symbol Stream 
as illustrated in FIG. 22. 

Referring to FIG. 23, an alternate to the parallel process 
ing embodiment is shown. This embodiment is identical to 
that of FIG. 22 except feedback from all branches is pro 
vided to the peak reduction units of each branch. This 
alternate embodiment improves peak reduction calculations 
from each branch Since each calculation will be based on the 
most currently adjusted Symbols. 

Since the peak reduction processing is done in parallel in 
the embodiments of FIGS. 22 and 23 it may be done faster 
than the Series implementation described previously. There 
fore the implementation of FIGS. 22 and 23 may be pre 
ferred in Some situations. Also, Since the processing can be 
done faster it may be possible to perform filter predictions at 
more coefficient timings and/or using more coefficients 
thereby increasing the accuracy of the peak reduction pro 
cessing using the parallel implementation of FIG. 22. 

Referring to FIG. 24, one stage 360 of the parallel peak 
reduction unit of FIGS. 22 and 23 is illustrated. As shown, 
the input symbols to the stage 360 are first provided to filter 
predictor 372 which performs a filter prediction processing 
employing filter coefficients at a specific offset-Symbol 
timing, illustrated as provided from filter coefficient Supply 
144. Filter coefficient supply 144 may be hardwired into the 
circuitry or may take the form of a Suitable memory Such as 
a register in a Suitably programmed DSP implementation of 
the peak reduction unit. AS noted above, the Specific Sample 
offset timing for the filter coefficients supplied to the filter 
predictor 372 correspond to Selected Sample offset timings at 
the up Sampled rate of the actual filter employed in the 
System. Thus, for example, Sample timings Such as illus 
trated in FIGS. 12-21 may be employed for the filter 
coefficients stored in filter coefficients supply 144 for each 
specific stage 360. 
The filter predictor 372 outputs the two predicted filtered 

outputs described in FIG. 9, to the peak reduction algorithm 
circuit 152 which implements a suitable peak reduction 
algorithm to determine a peak reduction value, if necessary, 
to reduce the peak to a desired limit value. The calculated 
peak reduction value is output from Stage 360 as a feedback 
value F, which is provided to its own internal filter predictor 
372 and to the filter predictors of other parallel branches 
360-I of FIGS. 22 and 23. 
As noted above a variety of different algorithms may be 

implemented in the peak reduction algorithm circuit 152 of 
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FIGS. 9, 10, and 24. One such algorithm is illustrated in FIG. 
25. FIG. 25 shows a complex vector diagram illustrating the 
filter output based on a filter coefficient weighted sum of 
input Symbols using all input coefficients and a filter coef 
ficient weighted Sum of inputSymbols where only the center 
filter coefficients and matching centered symbols are used. 
From these two inputs a correction value is calculated for the 
filter centered symbols suitable to place the filter output 
within the preset limit value L. The algorithm illustrated in 
FIG. 25 was specifically designed to induce only amplitude 
errors to the input Symbols. Some communication Systems 
are more tolerant to amplitude errors than phase errors. 
More specifically referring to FIG. 25, the output of the 

filter based on the center input symbols is illustrated by 
vector A. The predicted filter output based on multiple input 
Symbols, including the center inputSymbols, is indicated by 
vector B. The vector D is calculated by taking the difference 
of these two vectors. Vector D therefore represents the 
multi-symbol output from the filter with the center symbol 
vector A missing. The output gA represents again adjusted 
version of vector A which when added to D pulls the filter 
output back to the limit level L. The remaining vectors 
shown in FIG. 25 are used to calculate the gaing. The gain 
g is calculated by the following Series of vector computa 
tions. 

This algorithm may be implemented in peak reduction 
algorithm circuits shown in FIGS. 9, 10 and 24 through use 
of a suitably programmed DSP or other processor. Since the 
algorithm involves taking a Square root of vector quantities 
it can be Somewhat calculation intensive and therefore it 
may be desirable to employ an approximate algorithm which 
nonetheless will provide adequate Symbol correction in most 
cases. In particular, if it is assumed that the difference 
between the predicted output B and the Single Symbol output 
A is relatively Small, i.e. D in the above equation is Small. 
The following approximate formula can be used to calculate 
the gaing needed to reduce the filter output to the limit value 
L. 

L+A - B 
gs - a 

(2) 
, for small D' 

The value of gain calculated using the above exact or 
approximate algorithm is then applied to the combiner 168 
illustrated in FIG. 9. The combiner may simply be a mul 
tiplier circuit which multiplies the gain g and the input 
Symbol which produced the output vector A. Alternatively, 
the combiner may be changed to a Summing circuit if the 
gain calculations found in (1) and (2) above are converted to 
a vector adjustment provided through equation (3) below. 
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The value g is the gain applied by the filter on the center 
symbols which produced vector A in FIG. 25. 

1 (3) W = (A - gA ( gA) 

AS noted above, a variety of different algorithms may be 
used to calculate the Symbol adjustment that places the 
predicted filter output within the limit value L. One such 
additional algorithm is illustrated in relation to FIG. 26 
which shows the calculation of a correction vector that is 
combined with the center input Symbols through addition. 
The algorithm differs from that of FIG. 25 in that the 
adjustment permits phase errors in order to minimize the 
total distortion energy added. More particularly, as illus 
trated in FIG. 26 the vectors A, B, and D have the same 
meaning as in relation to FIG. 25. In FIG. 26 the value C is 
the additive adjustment made to the predicted filter output to 
place it at the limit value L. Although a variety of adjustment 
vectors could be added to place the resulting vector at the 
limit value L, it is desirable to minimize the size of the 
vector C and hence the amount of correction Since any 
changes made to the inputSymbols potentially result in Some 
distortion in the Signal. Applying basic vector algebra to the 
vectors illustrated in FIG. 26 results in the following equa 
tion to determine the correction C to be applied to the center 
Symbol filter output A to get the desired peak reduced output 
within the limit value L: 

B 4 
C = (L-B) (4) 

Before addition with the symbol adjustment, the above 
vector must be gain adjusted by the inverse filter gain 
applied to the center Symbols used to calculate the vector C. 
The resulting algorithm for adjusting Symbols for peak 
reduction is given in (5). This algorithm may be imple 
mented in a suitably programmed DSP or other hardware or 
Software implemented circuitry. 

(5) 

The value of the correction vector calculated in equation 
(5) above is then applied to the combiner 168 illustrated in 
FIG. 9. The combiner may simply be an addition circuit 
which adds the vector V to the center symbols which 
produced the output vector A. Alternatively, the combiner 
may be changed to a multiplier circuit if the vector calcu 
lation found in (4) is converted to a gain adjustment pro 
vided through equation (6) below. 

1 6 
g = (A + C) (6) 

It should be appreciated by those skilled in the art that the 
two algorithms illustrated in FIGS. 25 and 26, respectively, 
are purely illustrative in nature and a variety of different 
algorithms may Suitably be employed and may be imple 
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mented in a DSP or other circuitry comprising peak reduc 
tion algorithm circuit 152 illustrated in FIGS. 9, 10, and 24. 

Referring to FIGS. 27 and 28, examples of the peak 
reduction processing in accordance with the present inven 
tion are illustrated in two complex vector diagrams. FIGS. 
27 and 28 apply to the case where only one center symbol 
is adjusted. The input Symbol shown could however repre 
Sent the combination of two center Symbols. AS shown in 
FIGS. 27 and 28, input symbols are provided with filter 
predictor processing. Since the output of the filter is depen 
dent on many Symbols in time, not just the center Symbol to 
be adjusted, the output can be represented as the center 
Symbol and circle representing the affect of Symbols neigh 
boring in time. 

Although the center Symbol exceeds the limit value 
initially in both examples, in the example of FIG. 27 a 
portion of the circle representing the filtered outputs actually 
lies within the limit line. These output values are therefore 
not Subject to peak reduction processing. The remainder of 
the outputs, illustrated in bold in the complex diagrams of 
FIGS. 27 and 28, are subject to peak reduction processing by 
an amount varying with the extent the filtered Symbol 
exceeds the limit line. The symbols are then adjusted so the 
predicted filter output is pulled back to the limit line, as 
illustrated by the bold portion of the limit line in FIGS. 27 
and 28. Therefore, it will be appreciated that symbols not 
requiring peak limit processing are left untouched, thereby 
reducing any distortion introduced via Such reduction, but 
also symbols which do require peak reduction processing are 
provided the minimum amount of peak reduction necessary 
to place the filtered outputs within the limit value. Con 
versely, symbols that may initially not appear to require peak 
reduction processing will be peak adjusted if the filter 
prediction shows that the filter output will exceed the limit 
value. Accordingly, it will be appreciated that the present 
invention provides highly effective Signal peak reduction 
while at Same time minimizing distortion introduced into the 
symbol train. 

FIGS. 29 through 35 show different embodiments of peak 
reduction units using the algorithms given in equations (1), 
(2), (3), (5), and (6). FIGS. 29, 30, 32, and 34 represent the 
peak reduction processing shown in FIG. 9. FIGS. 31, 33, 
and 35 represent the reduction processing shown in FIG. 10. 
An example of the parallel processing shown in FIGS. 23 
and 24 will be given in FIG. 36A and 36B. 

Referring to FIG. 29, an embodiment of the peak reduc 
tion unit using equation (1) is illustrated in a block Schematic 
drawing. As shown in FIG. 29, employing a multi-tap filter 
200 may advantageously combine the delay circuit 166 and 
the filter predictor circuit 146 shown in FIG. 9. The filter 200 
includes a plurality of individual memory registers 202 of 
which 5 are illustrated in the specific embodiment of FIG. 
29. It should be appreciated however that additional or fewer 
delay memory registers may be provided and in general N 
such memory registers 202 will be provided forming an N 
element Shift register. By tapping a memory register output, 
e.g., at the center memory register, a delayed Symbol train 
may be provided So that the peak correction can be done on 
a correctly timed symbol-by-symbol basis at the combiner 
168. Such a delayed output from the N element memory 
registers is illustrated by line 205 and thus corresponds to the 
output of the delay circuit 166 illustrated in FIG. 9. The 
output provided along line 204 is derived from a tap of the 
center delay Stage after multiplication with the center filter 
coefficient. This line represents the center filtered symbol 
output (line 145 in FIG. 9 and vector A in FIG. 25) which is 
provided to the peak reduction algorithm processing circuit 
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152 as shown in FIG. 29. The delayed outputs from each of 
the memory registerS 202 are provided to a corresponding 
multiplier 206 which also receives a corresponding filter 
coefficient as an input thereto. Each filter coefficient thus 
acts as a gain gy, N=1 to 5, multiplying the Symbol output 
from the corresponding delay stage 202. The filter coeffi 
cients gy may correspond to any of Symbol interval coeffi 
cients illustrated in FIG. 8 or FIGS. 12-21 depending on 
which stage in the processing of FIGS. 9 or 11 is repre 
sented. Of course, a variety of different filter response 
functions may be used depending on the particular filter 
being predicted and the coefficients will vary accordingly. 
Also, it will be appreciated that additional coefficients may 
be taken at any Symbol interval from the impulse response 
function with the example of five coefficients being purely 
illustrative in nature, and more or less than five coefficients 
may be employed for the particular implementation, depend 
ing on the Specific impulse response function being modeled 
as well as the Speed of the processing System employed and 
the desired accuracy. 

Still referring to FIG. 29, the outputs from the multiplier 
circuits 206 are provided to Summing circuit 208 which 
Sums the plural outputs and provides them along line 210. 
The output along line 210 corresponds to a filter coefficient 
weighted Sum of Symbols taken at a specific Symbol interval 
and thus corresponds to a model of the filter impact on the 
symbols at that interval. This predicted filter symbol output 
is provided along line 210 as an input to the peak reduction 
algorithm circuit 152. The peak reduction algorithm circuit 
152 also receives the delayed center symbol filter output 
along line 204 as noted above. This delayed center symbol 
filter output stream is provided along line 212 to a subtrac 
tion circuit 216, and along line 214, to algorithm processor 
218. Subtraction circuit 216 thus receives the filtered outputs 
provided along line 210 as one input thereto and the delayed 
center Symbol filter outputs along line 212 as a Second input 
thereto. Subtraction circuit 216 takes the difference these 
two output Streams, providing a Symbol-by-symbol differ 
ence value D (D=B-A using the terminology of FIG. 25) 
along line 220 to algorithm processor 218. The algorithm 
processor 218, which receives the two input symbol streams 
along line 220 and 214, also receives the limit value L as 
input. The algorithm processor 218 computes the gain g 
using equation (1) to reduce the filtered outputs to a value 
lying within the limit value L. 

In a more general case the Subtraction circuit 216 would 
be combined with the algorithm processor 218 to create a 
more general-purpose algorithm processor. With this minor 
modification to FIG. 29 a variety of different algorithms 
could be used based on the inputs from lines 204, 210 and 
the limit value L. In this more general-purpose case either 
the approximate algorithm given in equation (2) or algo 
rithm based on FIG. 26, given in equation (6), could be used. 

In either the specific case shown in FIG. 29 or in the more 
general-purpose case described, the computed gain value g 
from the algorithm processor 218 is output along line 232 to 
Selection Switch 230. 

Still referring to FIG. 29, the filtered output stream 
provided along line 210 is also provided to magnitude 
detection circuit 222. The magnitude detection circuit 222 
determines the magnitude of the filtered outputs, i.e., the 
absolute value of the complex vector quantity comprising 
the outputs, which magnitude is provided as an output along 
line 224. This magnitude is provided to comparator 226 
which compares the magnitude of the filtered Symbols to the 
limit value L. If the magnitude of the filtered symbol 
exceeds the limit value L the output from the comparator 
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226 takes a first value (e.g., “1”). If the magnitude of the 
filtered symbol is less than the limit value L then the output 
from the comparator 226 is a second value (e.g., “0”). This 
value, i.e. a “0” or “1”, is then provided as an output along 
line 228 to selection Switch 230. If the input to the selection 
Switch 230 along line 228 is a 0, then the output from the 
selection Switch 230 is a unit signal which has no affect on 
the symbol stream provided along line 205 to combiner 168 
(illustrated as a multiplier in the specific embodiment of 
FIG. 29). If the signal provided along line 228 to selection 
Switch 230 is a one, corresponding to the filtered symbol 
value exceeding the limit value L, then the computed gain 
value g provided from algorithm processor 218 is output to 
multiplier 168. In this way the symbol stream provided 
along line 205 will be gain reduced by the appropriate value 
computed by the algorithm only if necessary on a Symbol 
by-Symbol basis and appropriately peak adjusted Symbols 
will be output on line 154. 

It will be appreciated that the various circuit elements 
illustrated in FIG. 29 may be implemented solely in hard 
ware, Solely in Software, i.e., as a Suitably programmed DSP 
or other processor, or may be implemented as a combination 
of hardware and Software. For example, it may be advan 
tageous for the filter 200 to be implemented as hardware 
whereas the algorithm processor 218 is implemented as a 
suitably coded DSP processor. Alternatively, the circuitry of 
algorithm processor 218 may be implemented as a program 
mable gate array circuit. Also, filter 200 and/or difference 
circuit 216 and magnitude detector 222 may be implemented 
as a gate array circuit and combined with a processor based 
circuit 218. Therefore, it will be appreciated that a variety of 
different combinations of implementations of the circuitry 
illustrated in FIG. 29 are possible. 

Referring to FIG. 30, an alternate embodiment of the peak 
reduction unit shown in FIG.29 is illustrated. In the embodi 
ment of FIG. 30, the peak reduction algorithm is imple 
mented in a simplified peak reduction algorithm circuit 152 
that utilizes an approximate equation for the peak reduction 
to be applied to the inputSymbols. In particular, the Specific 
embodiment illustrated in FIG. 30 may implement the 
equation (2) described above that provides an approximate 
calculation for the gain g applied to the Symbol vector to 
bring it to the limit value L. 
AS may be seen, the equation involves relatively simple 

calculations involving the limit value L, the magnitude of 
the center Symbol filter output A, and the magnitude of the 
predicted filtered output B. Comparing this equation to the 
circuitry of peak reduction algorithm circuit 152 illustrated 
in FIG. 30 shows that circuit 222, 250, 252, 254 and 256 
implement equation (2) in a straightforward manner. More 
Specifically, line 204 along with the magnitude detection 
circuit 250 provides the magnitude of the center symbol 
filter output A. The predicted filtered output is provided from 
filter 200 to magnitude detection circuit 222 which deter 
mines the magnitude of the predicted filtered output B. 
These two magnitudes are provided to Subtraction circuit 
252, which performs a subtraction of the symbol magnitudes 
to provide the value |A|-|BI. Adder circuit 254 (which may be 
a Subtraction circuit if circuit 252 interchanges its inputs) 
then adds this value provided from circuit 252 to the limit 
value L. The center filtered output provided from circuit 250 
is provided to division circuit 256 which also receives the 
output of circuit 254 to provide the approximate peak 
reduction gain g given by the above equation (2). 

It will therefore be appreciated that the circuit implemen 
tation illustrated in FIG. 30 for the peak reduction algorithm 
circuit 152 provides a relatively simple implementation that 
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may be easily provided in hardware. This hardware may take 
the form a programmable gate array or other hardware 
implementation, or in a relatively simple program imple 
mented in a DSP or other processor. This relative simplicity 
of the implementation shown in FIG. 30 can have cost 
and/or speed advantages and may be preferred in particular 
applications. The remainder of the circuitry in the embodi 
ment illustrated in FIG. 30 may be precisely the same as 
illustrated in FIG. 29, and may operate in exactly the same 
manner as described above. Therefore, the operation of this 
common circuitry will not be repeated for describing the 
embodiment of FIG. 30. 

Referring to FIG. 31, an alternate embodiment of the peak 
reduction unit is illustrated. The embodiment of FIG. 31 
employs feedback from the output of the peak reduction 
algorithm circuit 152 to the filter predictor to increase the 
accuracy of the filter prediction operation. FIG. 31 therefore 
represents one embodiment of FIG. 10. More specifically, as 
in the previously described embodiments, the filter predictor 
and the delay circuit are preferably combined in a finite 
element filter 200 which incorporates a plurality of memory 
registerS 202 which receive the inputSymbols and operate as 
an N element shift register. As in the case of the embodiment 
of FIG. 29, the output of the memory registers are provided 
to multiplier circuits 206 which also receive the filter 
coefficients as inputs thereto. The multiplier outputs are 
provided to adder circuit 208 to provide the filtered output 
symbols also as in the case of the embodiment of FIG. 29. 
The peak reduction algorithm circuit 152 illustrated in FIG. 
31 also corresponds to that in FIG. 29, however, it may be 
modified to implement a variety of different algorithms as 
has been discussed above in relation to previous embodi 
mentS. 

In contrast to the embodiment of FIG. 29, in FIG. 31 the 
output of the peak reduction algorithm circuit 152 is fed 
back to the filter 200. In particular, the output of the peak 
reduction algorithm circuit 152 is provided back along line 
262 to a multiplier 168 which provides the peak reduction 
gain calculated by the circuit 152 to the output of the center 
delay stage of the N stage memory registers of filter 200. As 
a result, the output of the multiplier 168 provided to the 
downstream Stages of the memory registers includes the 
already gain reduced Symbol values. This will more accu 
rately reflect the actual processing by the filter 126 (referring 
to FIG. 6) since the gain reduced symbols will be included 
in the computation of the filtered symbol by filter 200. 
Therefore, the embodiment illustrated in FIG. 31 may in 
many cases provide a more accurate filter prediction and 
may be preferred in Some applications. 
A Similar feedback extension can be made to the embodi 

ment shown in FIG. 30 where equation (2) is specifically 
defined by a unique block diagram. This extension should be 
easily understood by those skilled in the art. 
AS Stated above, the feedback modification provides an 

adjusted Symbol for all following peak adjustment calcula 
tions. Prior to modification however, the pre-adjusted Sym 
bol was used to calculate peak adjustments preceding the 
adjustment time. This means that when the adjusted Symbol 
stream is passed through the filter (20 in FIG. 6) the adjusted 
Symbol will participate in creating peaks both preceding and 
following the adjusted symbol. New peaks therefore can be 
created preceding the adjusted Symbol. These new peaks are 
the result of the causal or non-anticipatory nature of the peak 
adjustment process. Simply repeating each Stage in the peak 
reduction processes shown in FIGS. 7, 11, 22 and 23 can 
easily eliminate these new peaks. 
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Previous embodiments described symbol adjustments 
based on gain corrections that can be calculated from 
equations (1), (2) and (6). Symbol adjustments can also be 
base on adding vectors that can be calculated from equations 
(3) and (5). Referring to FIG. 32, one embodiment that 
adjusts Symbols based on adding vectorS is illustrated. In the 
embodiment of FIG. 32 the delay circuit 166 of FIG. 9 is 
implemented as part of a Series of memory registers forming 
part of the filter predictor circuit 146 in a similar manner to 
embodiments described previously. More specifically, filter 
200 includes a plurality of the memory registers 202 which 
may operate as an N element shift register, the Specific 
illustration being a 7 element shift register. The output of the 
center Stage of the memory registers is tapped as an output 
to provide the delayed symbols along line 205 to combiner 
168. Combiner 168 is illustrated as an adder circuit. The 
output of the memory register Stages are provided to mul 
tiplier circuits 206 which also receive as inputs thereto filter 
coefficient values at the particular Symbol timing corre 
sponding to that Stage. The outputs of the multiplierS 206 are 
provided to Summing circuit 208 which outputs a predicted 
filter output value along line 210, similarly to previously 
described embodiments. 

The predicted filter outputs along line 210 are provided to 
the peak reduction algorithm circuit 218 which implements 
a particular peak reduction algorithm on the predicted filter 
outputs and provides the reduction value, if any, to combiner 
168. In the embodiment of FIG. 32 a particularly simple 
algorithm may be implemented that does not require an 
input from the center filtered symbol output along line 204 
but Simply operates on the predicted filter outputs provided 
along line 210. The algorithm also employs as input the 
desired limit value L and the gain of the center tap of the 
filter predictor, g for the particular embodiment shown. 
Such an algorithm may correspond to equation (5) described 
above in relation to FIG. 26. Other algorithms however, may 
also be employed within circuit 338. Such other algorithms 
may require an input from the Symbol Stream provided along 
line 204 and the possibility of such an input to circuit 152 in 
FIG. 32 is understood in the case of Such alternate embodi 
ments. Just Such an algorithm is given in equation (3) where 
the value g in equation (3) is calculated in equation (1). 

In the illustrated embodiment of the circuit 152, the 
magnitude of the predicted filter outputs provided along line 
210 is determined by magnitude detection circuit 222. This 
is provided to a comparator 226 which compares the mag 
nitude of the predicted filter output values to the threshold L. 
The predicted filter outputs are also provided to algorithm 
processor circuit 218 which may be a Suitably programmed 
DSP or other processor which implements equation for the 
particular embodiment shown or other Suitable algorithm 
which operates on the predicted Symbols. Alternatively, the 
algorithm processor 218 may be implemented in a gate array 
Structure or other hardware implementation. The output 
from the algorithm processor 218 is provided to selector 
Switch 230 that also receives the output of the comparator 
226. If the predicted symbol value is greater than the 
threshold value L then the output from the comparator 
enables the Switch 230 to output the peak correction value to 
combiner 168. On the other hand if the predicted symbol 
value is less than or equal to the limit value L then the output 
of the comparator to the selector Switch 230 selects a zero 
output to the combiner 168 corresponding to no peak 
adjustment to the Symbol Stream. 

Referring to FIG.33, an alternate embodiment of FIG. 32 
is illustrated employing a feedback of the peak adjustment to 
the filter predictor as given in FIG. 10. More specifically, in 
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the embodiment of FIG. 33, filter 200 receives a fed back 
peak adjustment value from the peak reduction algorithm 
circuit 218 along line 262. Filter 200 illustrated in FIG. 33 
may correspond to an N Stage implementation as in the case 
of FIG. 32 and therefore need not be described in detail. As 
illustrated the peak value adjustment provided along line 
262 may be provided to a combiner 168, illustrated as an 
adder in FIG. 33, configured after the center stage of the 
memory register forming part of filter 200. Therefore, the 
peak adjustments to the Symbols are included in the Subse 
quent Stages of the filter providing an additional improve 
ment in the prediction capability of the filter 200. It will be 
appreciated that different filter implementations may be 
advantageously implemented with differing feedback loca 
tions in the memory registers therein. Therefore, the Specific 
implementation shown in FIG. 33 is purely illustrative and 
should not be taken as limiting in nature. 

Referring to FIG. 34, a block schematic drawing of an 
alternate embodiment of the peak reduction circuit unit of 
FIG. 29 is illustrated. To understand the justification for this 
alternate embodiment, remember that inter-Symbol peaks 
are dominated by two adjacent Similar amplitude Symbols. 
This was described above in reference to FIG. 4. If just 
on-Symbol and inter-Symbol adjustments are made, there 
will be a significant number of Similar amplitude Symbols 
after on symbol processing. FIG. 34 substantially corre 
sponds to FIG. 29 except the delay is one element longer and 
the two adjacent Symbols centered in the filter predictor 
memory registers are adjusted. Both center coefficients have 
the same value. 
The implementation of the circuit shown in FIG. 34 

substantially corresponds to that of FIG. 29 and accordingly 
like numerals are employed for like components, therefore 
the Specific description of each component will not be 
repeated. As discussed above in relation to FIG. 29, the 
circuit operates to predict the filter impulse response effect 
on the input Symbols at the inter-Symbol interval, using a 
multi-tap filter 200, and provide peak reduction processing 
based thereon. Filter 200 corresponds generally to filter 200 
in FIG. 29 with the following modifications. The inputs g, 
N=1 to 6, to the multipliers 206 are selected from the 
inter-symbol interval filter coefficients (t=0.5), as illustrated 
by the crosses in FIG. 8 for the particular impulse response 
function shown there. As discussed in relation to FIG. 29, 
the particular filter coefficients are purely illustrative in 
nature in FIG. 8 and So the inputs gy are not limited to the 
specific inter-symbol values shown there. To provide symbol 
correction to the two symbols dominantly responsible for 
inter-Symbol peaks, a filter output from both center filter taps 
202-3 and 202-4 is provided to a summing circuit 240 to 
create line 204. The line 204 is equivalent to the single 
symbol filter output Ashown in FIGS. 25 and 26. The peak 
adjustment is then processed as before with the gain cor 
rection applied to both center taps through the use of a Single 
element memory register 244 and multiplier 242. Accord 
ingly, it will be appreciated that the outputSymbol Stream on 
line 154 provides a properly peak adjusted Symbol Stream 
adjusted on a symbol-by-symbol basis at the inter-symbol 
interval but otherwise in the same manner as discussed in 
relation to FIG. 29. Although the processing is thus prefer 
ably the same in FIG. 34 as in FIG. 29, in some circum 
stances it may be desirable to implement a different algo 
rithm in FIG. 34 from FIG. 29 or otherwise modify the 
processing at the inter-Symbol interval from the on-Symbol 
interval. 

Referring to FIG. 35 an alternate embodiment of FIG. 34 
that also employs feedback in a manner described in relation 
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to FIG. 31 is shown. More specifically, as shown in FIG. 35 
the filter 200 includes a feedback from the peak reduction 
algorithm circuit 152. This feedback loop provides the gain 
g for peak reduction calculated by the peak reduction 
algorithm circuit 152 along line 262 to the N stage memory 
registers forming part of filter 200. In the particular embodi 
ment illustrated, this fed back gain is provided to multiplier 
168-1 and multiplier 168-2 on opposite sides of the fourth 
memory register. This introduces the Symbol gain to both 
symbols most responsible of inter-symbol peaks. This 
implementation is based on the Specific inter-Symbol 
impulse response function of FIG. 8 and the specific choice 
of filter delay Stages. Therefore, it will be appreciated that a 
different introduction of the fed back gain into the memory 
register Stages may be provided in a different filter imple 
mentation or for a different impulse response function. The 
output of the Stage reduction process is provided from the 
last Stage of the memory registerS along line 154 as illus 
trated. AS in the case of the embodiment of FIG. 31, the feed 
back of Symbol reduction into the memory registers can 
improve the prediction capability of the filter 200 and may 
be preferred in Some cases. 

FIGS. 34 and 35 describe alternate embodiments to FIGS. 
29 and 31. Similar alternate embodiments can be made to 
FIGS. 30 and 32. These alternate embodiments should be 
apparent to those skilled in the art from the foregoing 
explanation. 

Referring to FIGS. 36A and 36B, a detailed implemen 
tation of the parallel multi-stage peak reduction unit of FIG. 
23 is illustrated. The particular implementation shown in 
FIG. 36A includes 10 parallel peak reduction processing 
stages. It will be appreciated, however, that this is purely 
illustrative and a greater or lesser number of Stages may be 
employed depending on the particular application. Also as 
previously mentioned, peaks caused by the causal nature of 
peak reduction can be removed by repeating Stages. In 
parallel processing this repetition is performed by continu 
ing the periodic Sampling of the impulse response function 
performed in FIGS. 12 through 21 which represent periodic 
samplings taken a -0.5 to 0.4. Samples taken at t=0.5, will 
be identical to Samples taken at t=-0.4. This duplication of 
the Sampling patterns will continue over the interval t--0.5 
to 0.5. These repeated Samplings can then be added to the 
bottom of FIG. 36A as parallel lines 10, 11, etc. 

Each stage includes a delay circuit 370 which as shown 
may be implemented as a Sequence of memory registers 378 
each one of which delays the symbol stream by a time 
corresponding to the time between Symbols. AS before, taps 
are taken from these memory registers to calculate a filter 
coefficient weighted Sum of Symbols Stored in the memory 
registers. As shown in FIG. 36A an additional delay memory 
register must be added to Successive parallel Stages. These 
delay registers allow for proper timing of the feedback 
Symbol adjustments from the parallel Stages. 

The individual taps from each parallel delay stage T., i=0 
to 10, N=0 to 7, are provided to a filter predictor 200 which 
provides outputs to multipliers 206 (referring to FIG. 36B, 
the filter predictor for the i-th stage is illustrated) which 
receive as Second inputs thereto the individual filter coeffi 
cients g. The outputs of the multipliers 206 are provided 
to the Summing circuit 208 which provides the filter coefi 
cient weighted Sum of the Symbols Stored in the memory 
registers. The output along line 210 therefore represents a 
prediction of the filter output (126 of FIG. 6) at the timing 
asSociated to the present filter coeficients g. 
The output of the filter predictor 200 provided along line 

210 is provided to peak reduction algorithm calculation 
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circuit 218. In the particular implementation shown, the 
peak reduction algorithm calculator circuit includes a mag 
nitude detection circuit 222 that receives the predicted 
filtered outputs along line 210 and detects the magnitude 
thereof. The detected magnitude of the predicted filtered 
outputS is provided to comparator 226 that also receives a 
predetermined limit value L and the value of the center filter 
tap gain g. AS the case of preceding embodiments, if the 
predicted filtered symbol value exceeds the limit value than 
a Switch enabling signal is provided to selector Switch 230. 
On the other hand, if the predicted filtered symbol value is 
less than or equal to the limit value the Switch 230 is enabled 
So as to provide an output which does not adjust the peak 
value, e.g., a Zero value in the illustrated embodiment. The 
predicted filter outputs are also provided to algorithm pro 
cessor 218 that may implement any of a number of suitable 
peak reduction algorithms. In the Specific implementation 
shown which only receives as input the predicted filtered 
Symbol values, the limit value L, and the gain applied to the 
center tap of the filter predictor g, a Suitable algorithm 
implemented by that circuit may be that of equation (5). The 
output of algorithm processor 218 is then provided as a 
feedback peak reduction value F, to the other stages if 
selector Switch 230 is enabled for such an output by com 
parator 226. 

Each parallel branch produces a feedback Symbol adjust 
ment. These feedback adjustments are provided to each of 
the parallel branches So that the latest Symbol values can be 
included in future filter predictions. The feedback to the 
branches can be implemented to two ways. These two ways 
are illustrated in FIGS. 22 and 23. FIG. 36 shows an 
implementation of the embodiment shown in FIG. 23. The 
Symbol adjustment of each parallel branch is provided to all 
parallel branches. The feedback from lower branches is not 
shown in the upper branches Since the feedback would occur 
after the last taped memory register. FIG. 36 could be 
modified to represent FIG.22 if feedback of each individual 
branch fed back to itself and all lower branches. The 
embodiment of FIG. 22 is less accurate than FIG. 23 since 
future predictions of all branches would not be based on the 
most current symbol values. FIG. 23 would however provide 
effective peak reduction. 

Those skilled in the art should appreciate that FIG. 36A 
and 36B show a parallel implementation of FIG.33 with the 
inclusion of additional feedback from other parallel stages. 
Those skilled in the art should also appreciate that all 
embodiments including feedback Such as FIGS. 31 and 35 
could be likewise modified for use in the above parallel 
embodiment. 

Also, those skilled in the art should appreciate that the 
parallel implementations shown in FIGS. 22, 23, and 36A 
could also be produced by providing multiple taps off of 
each memory register in one long multi-stage shift register. 
Feedback corrections would then be calculated in parallel by 
methods shown in FIGS. 24 and 36B by properly grouping 
the feedback taps with respect to the corresponding filter 
coefficients. Parallel calculated feedback values would then 
be supplied back to feedback points as shown in FIG. 36A 
line 9. 
A number of different embodiments of the present inven 

tion have been described in relation to the various figures. 
Nonetheless, it will be appreciated by those skilled in the art 
that a variety of additional embodiments are possible within 
the teachings of the present invention. For example, a 
variety of Specific circuits implementing Specific algorithms 
may be provided employing the teachings of the present 
invention and limitations of Space prevent an exhaustive list 
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of all the possible circuit implementations or an enumeration 
of all possible algorithms. A variety of other possible modi 
fications and additional embodiments are also clearly poS 
sible and fall within the scope of the present invention. 
Accordingly, the described specific embodiments and imple 
mentations should not be viewed as in any Sense limiting in 
nature and are merely illustrative of the present invention. 

Also, although the illustrated peak reduction System and 
method of the present invention have been illustrated as 
implemented in a Spread spectrum communication System, 
Such as a CDMA or WCDMA cellular network, and Such 
provides one preferred application of the present invention, 
it should be appreciated that other applications and envi 
ronments for the peak reduction System and method of the 
present invention are also possible. For example, the peak 
reduction System and method of the present invention may 
also be advantageously employed in a multi-carrier cellular 
base Station that is not necessarily a spread spectrum com 
munication System. Accordingly, the described specific 
applications and environments for the peak reduction System 
and method of the present invention should not be viewed as 
in any Sense limiting in nature and are merely illustrative of 
the present invention. 
What is claimed is: 
1. A method for adjusting Symbol values in a communi 

cation System including a filter which provides Symbol 
filtering prior to outputting Signals from Said System, the 
method comprising: 

receiving Symbols prior to filtering by Said filter; 
predicting the effect of Said filtering on Said Symbols, and 
adjusting the value of Symbols which are predicted to 

exceed a peak limit value after being subjected to said 
filtering. 

2. An improved method for spread spectrum communi 
cation, comprising: 

providing data Symbols corresponding to a plurality of 
Separate data channels combined together; 

providing a filtering operation based on a filter impulse 
response function; and 

performing a peak reduction processing on Said data 
Symbols prior to Said filtering operation, the peak 
reduction processing including: 

providing predicted filtered outputs using filter coefficient 
values corresponding to the filter impulse response 
function; 

receiving the predicted filtered outputs and a predeter 
mined filter output limit value and determining a peak 
reduction value based on the amount a predicted fil 
tered output exceeds the limit value; and 

combining the peak reduction values and data Symbols 
and providing peak adjusted Symbols to be filtered and 
output by the communication System. 

3. An improved method for spread spectrum communi 
cation as Set out in claim 2, further comprising increasing the 
Sampling rate of the data Symbols prior to filtering. 

4. An improved method for spread spectrum communi 
cation as Set out in claim 3, wherein the up Sampled data 
Symbols are filtered at the up Sampled filter rate. 

5. An improved method for spread spectrum communi 
cation as Set out in claim 3, wherein Said providing predicted 
filter outputs compriseS receiving a first Set of filter coeffi 
cients corresponding to Samples of the filter impulse 
response function at the on-Symbol interval and a Second Set 
of filter coefficients corresponding to Samples of the filter 
impulse response function at the inter-Symbol interval. 

6. An improved method for Spread spectrum communi 
cation as Set out in claim 3, wherein Said peak reduction 
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processing comprises providing peak reduction processing 
based on the on-Symbol timing and providing peak reduction 
processing based on the inter-Symbol timing. 

7. An improved method for spread spectrum communi 
cation as Set out in claim 2, wherein the peak reduction 
processing further comprises delaying the data Symbols So 
that during Said combining the peak reduction values and the 
data Symbols are received on a symbol-by-symbol basis in 
a time Synchronized manner. 

8. An improved method for spread spectrum communi 
cation as Set out in claim 2, wherein the combining com 
prises multiplication and wherein the peak reduction value 
comprises again which when multiplied by the data Symbol 
provides an adjusted Symbol which will produce a peak 
reduced output Signal. 

9. An improved method for spread spectrum communi 
cation as Set out in claim 2, wherein the combining com 
prises addition and wherein the peak reduction value com 
prises a value which when added to the Symbol provides an 
adjusted Symbol which will produce a peak reduced output 
Signal. 

10. An improved method for spread spectrum communi 
cation as Set out in claim 2, wherein Said peak reduction 
processing further comprises detecting the magnitude of the 
input predicted filtered outputs and comparing the magni 
tude of the input predicted filtered outputs to the Signal 
output peak limit value. 

11. An improved method for spread spectrum communi 
cation as Set out in claim 10, wherein the peak reduction 
processing further comprises enabling the peak reduction 
value to be output for combining only when the magnitude 
of the input predicted filtered output exceeds the signal 
output peak limit value. 

12. An improved method for spread spectrum communi 
cation as Set out in claim 2, wherein the peak reduction 
processing further comprises implementing a peak reduction 
algorithm based on the limit value and the predicted filtered 
outputs. 

13. An improved method for spread spectrum communi 
cation as Set out in claim 2, wherein Said providing data 
Symbols corresponding to a plurality of data channels com 
priseS receiving a plurality of Separate digital data channels, 
providing a plurality of different spreading codes equal in 
number to the number of Separate digital data channels, 
multiplying each one of the spreading codes with one of the 
Separate digital data channels to provide a plurality of spread 
Spectrum channels and combining the individual spread 
Spectrum channels together to form the combined data 
symbols. 

14. An improved method for spread spectrum communi 
cation, comprising: 

receiving data Symbols corresponding to a plurality of 
Separate data channels combined together; 

increasing the Sampling rate of Said Symbols and provid 
ing up Sampled Symbols; 

providing a filtering operation based on a filter impulse 
response function having a plurality of filter coeffi 
cients and corresponding to a timing based on Said 
increased Sampling rate; and 

providing a peak reduction processing prior to Said fil 
tering operation employing Said data Symbols, the peak 
reduction processing being performed in a plurality of 
peak reduction Stages, each peak reduction processing 
Stage comprising predicting the effect of the filtering 
operation on the data Symbols using filter coefficient 
values corresponding to a portion of the filter impulse 
response function to provide predicted filtered outputs 
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and providing a peak reduction processing on predicted 
filter outputs which exceed a peak limit value, wherein 
Said peak reduction processing provides peak adjusted 
Symbols after Said plural Stage peak reduction process 
ing to be filtered and output. 

15. An improved method for spread spectrum communi 
cation as Set out in claim 14, wherein Said plural Stages of 
Said peak reduction processing are performed in Series. 

16. An improved method for spread spectrum communi 
cation as Set out in claim 14, wherein Said plural Stages of 
Said peak reduction processing are performed in parallel. 

17. An improved method for spread spectrum communi 
cation as Set out in claim 14, wherein each Stage of the peak 
reduction processing applies filter coefficients correspond 
ing to a timing offset from the Symbol rate by an integral 
number of up Sampled timings. 

18. An improved method for spread spectrum communi 
cation as Set out in claim 14, wherein each Stage of the peak 
reduction processing compriseS receiving filter coefficients 
corresponding to Said portion of the filter impulse response 
function and providing Said predicted filtered outputs and 
calculating a peak reduction value based on the predicted 
filtered outputs. 

19. An improved method for spread spectrum communi 
cation as Set out in claim 18, wherein each Stage of the peak 
reduction processing further compriseS receiving the calcu 
lated peak reduction values and combining them with the 
input Symbols. 

20. An improved method for spread spectrum communi 
cation as Set out in claim 19, wherein each Stage of the peak 
reduction processing further comprises delaying the input 
symbols and providing the delayed symbols to be combined 
So that the peak reduction values and delayed symbols are 
combined on a Symbol-by-symbol basis at a correct timing. 

21. An improved method for spread spectrum communi 
cation as Set out in claim 19, wherein Said combining 
comprises multiplication. 

22. An improved method for spread spectrum communi 
cation as Set out in claim 19, wherein Said combining 
comprises addition. 

23. A method for reducing peak signal output values 
adapted for use in a communication method which provides 
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Symbol filtering employing a predetermined impulse 
response function prior to outputting communication Sig 
nals, comprising: 

receiving Symbols prior to filtering and predicting the 
effect of Said filtering on Said Symbols using filter 
coefficients corresponding to Said impulse response 
function at a plurality of Sample points, and 

adjusting the Symbols which are predicted to exceed a 
peak limit value after being Subjected to Said filtering. 

24. A method for reducing peak signal output values as Set 
out in claim 23, wherein Said communication method is a 
Spread spectrum cellular communication method. 

25. A method for reducing peak signal output values as Set 
out in claim 23, wherein adjusting Symbols comprises cal 
culating peak reduction values and combining the peak 
reduction values with Said Symbols. 

26. A method for reducing peak signal output values as Set 
out in claim 25, wherein Said peak reduction value com 
prises again. 

27. A method for reducing peak signal output values as Set 
out in claim 26, wherein Said combining comprises multi 
plication. 

28. A method for reducing peak signal output values as Set 
out in claim 25, wherein Said combining comprises addition 
or Subtraction. 

29. A method for reducing peak signal output values as Set 
out in claim 23, wherein said filter coefficients are received 
at a Sample timing and an inter-Symbol Sample timing. 

30. A method for reducing peak signal output values as Set 
out in claim 23, wherein said filter coefficients are received 
at a plurality of offset Symbol Sample times. 

31. A method for reducing peak signal output values as set 
out in claim 23, wherein Said predicting is performed in a 
plurality of Stages with each Stage receiving different filter 
coefficients representing a different filter output timing. 

32. A method for reducing peak signal output values as Set 
out in claim 31, wherein Said Stages are performed in Series. 

33. A method for reducing peak signal output values as Set 
out in claim 31, wherein Said Stages are performed in 
parallel. 


